This overview portrays the evolution of multi-carrier systems from their conception and demonstrates that they are capable of supporting the requirements of future wireless systems of the next generation.
ratio combining is considered and its performance is evaluated over the range of Nakagami multipath fading channels, under the assumption that the receiver has a n explicit knowledge of the associated frequency-hopping (FH) patterns invoked.
It is argued furthermore that symbol-by-symbol adaptive Orthogonal Frequency Division Multiplex (OFDM) modems counteract the near instantaneous channel quality variations and hence attain an increased throughput in comparison to their fixed-mode counterparts. By contrast, various diversity techniques, such as Rake receivers and space-time coding, mitigate the channel quality variations in their effort to obtain a reduced BER. This paper investigates a combined system constituted by a constant-power adaptive modem employing spacetime coded diversity techniques in the context of both OFDM and MC-CDMA. T h e combined system is configured to produce a constant uncoded BER and exhibits virtually error free performance, when a turbo convolutional code is concatenated with a space-time block code. It was found that the advantage of the adaptive modem erodes, as the overall diversity-order increases.
MOTIVATION
Although the roll-out of the third-generation (3G) systems [I] has been somewhat delayed. the research community turned its attention to the investigation of next-generation multi-camer transceiver techniques [Z, 3, 41 . The next-generation wireless systems are expected to support both variable-rate as well as extremely highbitrate sewices in a wide range of diffcrent propagation environments. Under these propagation conditions it is irrealistic to expect that conventional fixed-mode transceivers might be capable of sup- Hence, foilowing a rudimentary introduction to the subject and a brief tour of the MC transceiver history, this ovelview article will consider a number of design aspects pertaining to MC communications.
OFDM BASICS
In this introductory section we examine OFDM as a means ofcaunteracting the channel-induced linear distortions encountered, when transmitting over a dispersive radio channel. The fundamental principle of orthogonal multiplexing originates from Chang [8] , and over the years a number ofresearchers have investigated this technique [9, IO, I I , 12 
-
In the OFDM scheme of Figure I the serial data stream of -a traffic channel is passed through a serial-to-parailel convertor which splits the data into a number of parallel channels. The data in each channel is applied to a modulator, such that for N channels there are N modulators whose carrier frequencies are fo, j,, ..., fN-1. The difference between adjacent channels is A J and the overall bandwidth W ofthe N modulated carriers is N A f . These N modulated carriers are then combined for the sake of generating the OFDM signal. We may view the serial-to-parallel convcllor as applying every N t h symbol to a modulator. This has the effect of interleaving the symbols into each modulator, e.g. symbols Sa, SN, SZN. ... are applied to the modulator whose carrier frequency is JI. At the receiver the received OFDM signal is demultiplexed into N frequency bands, and the N modulated signals are demodulated. The baseband signals are then recombined using a parallel-to-serial convertor.
In the more Conventional serial transmission approach [4] , the traffic data is applied directly to the modulator transmitting at a carrier frequency positioned at the centre of the transmission band j o , . . . , J y -l . i e a t ( f n r -~+ fo)/2.Themodulatedsignaloccupies the entire bandwidth W . When the data is transmitted serially, the effect of a deep fade in a mobile channel is to cause a burst of transmission errors, if the fade extends over the duration of several bits. By contrast, during an N-symbol duration period of the conventional serial system, each of the N number of OFDM subchannel modulators carries only one symbol, each of which has an N times longer duration. Hence an identical-duration channel fade would only affect a fraction of the duration of each of the extended-length subcarrier symbols transmitted in parallel. Therefore the OFDM system may be able to recover all of the partially fading-contaminated N subcarrier symbols. Thus, while the serial X r- 
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Figure 1 : Simplified block diagram of the orthogonal parallel modem system exhibits an error burst, no errors or few erron may occur using the OFDM approach.
A further advantage of OFDM is that because the symbol period has been increased, the channel's delay spread becomes a significantly shorter fraction of a symbol period than in the serial system, potentially rendering the system less sensitive to channelinduced dispersion, than the conventional serial system.
A disadvantage of the OFDM approach portrayed in Figure 1  is 
ADAPTIVE OFDM
A particularly attractive feature of OFDM systems is that they are capable of operating without a classic channel equaliser, when communicating over dispersive transmission media, such as wireless channels, while conveniently accommodating the time-and frequency-domain channel quality fluctuations of the wireless channel.
Explicitly, the channel SNR variation versus both time and frequency of an indoor wireless channel is shown in a three-dimensional form in Figure 2 versus both time and frequency, which suggests that OFDM constitutes a convenient framework for accommodating the channel quality fluctuations of the wireless channel, as will be briefly augmented below. This channel transfer function was recorded for the channel impulse response of Figure 3 , by simply transforming the impulse response to the frequency domain at regular time intervals, while its taps fluctuated according to the Rayleigh distribution. These channel quality fluctuations may be readily accommodated with the aid of sub-band-adaptive modulation as follows. Such an adaptive OFDM (AOFDM) modem is characterised by Figure 4 , portraying at the top a contour plot ofthe above-mentioned wireless channel's signal-to-noise ratio (SNR) fluctuation versus both time and frequency for each OFDM subcarrier, We note at this early stage that these channel quality fluctuations may be mitigated with the aid of frequency-domain channel equalisation, as it was illustrated both graphically as well as mathematically in [3] . We will briefly revisit this topic also in this contribution at a later stage. Mare specifically, as can be seen in Figure 2 , that when the channel is of high quality -as for example in the vicinity of the OFDM symbol indcx of 1080 -the sub-band-adaptive modem considered here for the sake of illustration has used the same modulation mode, BS the identical-throughput conventional fixedrate OFDM modem in all subcarriers, which was I bit per symbol (BPS) in this example, as in conventional Binary Phase Shift Keying (BPSK). By contrast, when the channel is hostile -for example, around frame 1060 -the sub-band-adaptive modem transmitted zero bits per symbol in some sub-bands, corresponding to disabling transmissions in the low-quality sub-bands. In order to compensate for the loss of throughput in this sub-band, a higherorder modulation mode was used in the higher quality sub-bands.
In the centre and bottom subfigures of Figure 4 the modulation mode chosen for each 32-subcarrier snb-band is shown versus time for two different high-speed wireless modems communicating at ple, in Figure 2 are averaged out with the aid of frequency-domain spreading codes, which leads to the concept of Multi-Carrier Code Division Multiple Access (MC-CDMA). In this scenario typically only a fcw chips ofthe spreading code are obliterated by the frequencyselective fading and hence the chances are that the spreading code and its conveyed data may still be recoverable. The advantage of this approach is that in contrast to AOFDM-based communications, in MC-CDMA no channel quality estimation and signalling are required. Therefore, based on the more detailed exposures in 131 , OFDM and MC-CDMA will be comparatively studied in Sections 7.2-7.4 of this contribution, We will also consider the employment of Walsh-Hadamard code-based spreading of each subcarrier's signal across the entire OFDM bandwidth, which was found to be an efficient frequency-domain fading counter-measure capable of operating without the employment of adaptive modulation.
A further techique capable of mitigating the channel quality fluctuations of wireless channels is constituted by space-time coding [6], which will also be considered as an attractive anti-fading design option capable of attaining a high diversity gain. Space-time coding employs several transmit and receive antennas for the sake of achieving diversity gain and hence an improved performance. By contrast, in Part 2 of [3] multiple antennas were emplaycd at the base-station for a different reason, namely forthe sake ofsupporting multiple users, rather than to achieving transmit diversity gain. This is possible, since the users' channel impulse responses (CIR) or channel transfer functions are accurately estimated and hence these channel transfer functions may be viewed as unique user signature sequences, which allow us to recognise and demultiplex the transmissions of the individual users, in a similar fashion to the unique user-specific spreading codes employed in CDMA systems. We note, however, that this technique is only capable of 
PILOT-AIDED CHANNEL ESTIMATION
The simple philosophy of frequency-domain channel estimation is that known pilot-symbols are allocated to the OFDM subcarriers at a regular frequency spacing. The required pilot-spacing is determined by the rate of frequency-domain channel transfer function (FDCHTF) fluctuation versus the frequency axis. More explicitly, these pilot subcarriers have to facilitate adequate sampling of the FDCHTF H ( n ) , requiring that the corresponding sampling frequency is higher than the Nyquist frequency necessitated for the aliasing-free representation of the FDCHTF, as well as for its recavely from these pilot-aided 'Nyquist-rate samples' of the FD-CHTF [3] . The frequency-separation between the FDCHTF fades observed in Figure 2 depends on the maximum CIR duration observed for example in Figure 3 , since they are Fourier transform pairs. More explicitly, the longer the CIR, the more frequent are the FDCHTF fades and vive versa.
The above-mentioned OFDM symbol-by-symbol based FD-CHTF estimation approach may be rendered more efficienl, potentially requiring a lower pilot overhead, if the FDCHTF of consecutive OFDM symbols is predicted also as a function of time, resulting in two-dimensional (2D) pilot-aided FDCHTF estimation, as detailed in [31. As in the context of the FDCHTF estimation versus frequency, the required time-direction pilot-density is also determined by the Nyquist theorem, this time obeying twice the Doppler frequency encountered by the CIR taps, as it is illustrated both graphically as well as mathematically in [3] .
Early Classic Contributions
The first OFDM scheme was proposed by Chang The employment of the discrete Fourier transform (DFT) to replace the banks of sinusoidal generators and the demodulators was suaaested by Weinstein and Ebert 1131 in 1971, which sienifipower waveform to a high power waveform, which may results in a high out-of-band (OOB) harmonic distortion power, unless the transmitter's power amplifier exhibits an extremely high linearity across the entire signal level range. This then potentially contaminates the adjacent channels with adjacent channel interference. Practical amplifiers exhibit a finite amplitude range, in which they can be considered almost linear. In order to prevent severe clipping ofthe high OFDM signal peaks -which is the main source of OOB emissions -the power amplifier must not be driven to saturation and hence they are typically operated with a certain so-called back-off, creating a certain "head roam" for the signal peaks, which reduces the risk of amplifier saturation and OOB emission. Two different families of solutions have been suggested in the literature, in order to mitigate these problems, either reducing the peak-to-mean power ratio, or improving the amplification stage of the transmitter. While OFDM transmission over mobile communications channels can alleviate the problem of multipath propagation, recent research effons have focused on solving a set of inherent difficulties regarding OFDM, namely the peak-to-mean power ratio, time and frequency synchronisation, and on mitigating the effects of the frequency selective fading channel. These issues arc addressed below with reference to the literature, while a more in-depth treatment is given throughout the book.
Peak-to-mean Power Ratio
It is plausible that the OFDM signal -which is the superposition of a high number of modulated sub-channel signals -may exhibit . .
Wiener filter-aided frequency domain channel transfer factor prediction-assisted pre-equalisation was studied. Parametric finite-taD CIR model-based channel estimation was emDloved for frequency domain signed for employment in single-user, single transmit antenna-assisted OFDM scenarios, since the availability of an accurate channel transfer function estimate is one ofthe prerequisites for coherent symbol detection with an OFDM receiver. The techniques proposed in the literature can be classified aspilot-assisfed, decision-directed (DD) and blind channel estimation (CE) methods.
In the context of pilot-assisted channel transfer function estimation a subset of the available subcarriers is dedicated to the transmission ofspecific pilot symbols known to the receiver, which are used for "sampling" the desired channel transfer function. Based 
LS-and MMSE-based channel transfer factor estimators were compared in the context of frequency
Parametric quadrature surface-based frequency domain channel transfer factor interpolation was studied for PSAM.
Totally blind channel transfer factor estimation based on the finite alphabet property of PSK signals was investigated.
Specifically, the channel transfer function' associated with each transmit-receive antenna pair was estimated on the basis of the output signal of the specific receive antenna upon subtracting the interfering signal contributions associated with the remaining transmit antennas. These interference contributions were estimated by capitalising on the knowledge of the channel transfer functions of all interfering transmit antennas predicted during the (n -1)-th OFDM symbol period for the n-th OFDM symbol, also invoking the corresponding remodulated symbols associated with the n-th OFDM symbol. To elaborate further, the difference between the subtraction-based channel transfer function estimator of[lOOl and the LS estimator proposed by Li el al. in [99] is that in the former the channel transfer functions predicted during the previous, i.e. the ( n -1)-th OFDM symbol period for the current, i.e. the n-th OFDM symbol are employed for both symbol detection as well as for obtaining an updated channel estimate for employment during the (n+ 1)-th OFDM symbol period. In the approach advocated in
In order to render the various DDCE techniques more amenable to use in scenarios associated with a relatively high rate of channel variation expressed in terms of the OFDM symbol normalized Doppler frequency, linear prediction techniques well known from the speech coding literature [93, 941 can be invoked. To elaborate a little further, we will substitute the CIR-related tap estimation filter -which is pan of the two-dimensional channel transfer function estimator proposed in [76] -by a CIR-related tap prediction filter. The employment.of this CIR-related tap prediction filter enables a more accurate estimation of the channel transfer function encountered during the forthcoming transmission time slot and thus potentially enhances the performance of the channel estimator. We will be following the general concepts described by DuelHallen el 01.
[9S] and the ideas presented by Frenger and Svensson [71] , where frequency domain prediction filter-assisted DDCE was proposed. Furthermore, we should mention the contributions of In order to compensate for the channel's variation as a function of the OFDM symbol index, linear prediction techniques can be employed, as it was also proposed for example in [ l o l l . However, due to the estimator's recursive structure, determining the optimum predictor coefficients is not as straightforward as for the transversal FIR filter-assisted predictor of single-user DDCE, both of which are detailed in [3] .
A comprehensive over~iew of further publications on channel transfer factor estimation for OFDM systems supported by multiple transmit antennas is provided in Table 3 . 
SLOW FREQUENCY-HOPPED MC DS-CDMA

The Transmitted Signal
The model of the transmitter and the multiple access channel is depicted in Fig. 5 . Each subcarrier of the K users in the system is assigned a randomly generated signature sequencc, which produce spread, wideband signals. In the figure, C(Q, ax) represents a constant-weight code of user k with Ux number of ' 1's out of Q, i.e., the weight of C(Q, U,) is U&. This code is read from a socalled constant-weight code book, which represents the frequencyhopping patterns. Theoretically, the size of the constant-weight code book is (2) = Q!/Uk!(Q -U k ) ! and the constant-weight code C(Q, U K ) plays two different roles. Its first role is that its weight -namely U k -determines the number of subcarriers ac- At the transmitter of the kth user in Fig. 5 the bit stream having a bit duration of Ta is first serial-to-parallel converted, yielding U, parallel streams, which is controlled by the constant-weight code C(Q, Uh). Let the new bit duration of each parallel stream be expressed as T , which can be T = U k T b or T = Tb, depending on the objectives afthe system design, as it will be augmented during our further discourse. For example, if the design aims to mitigate the inter-symbol-interference (ISI) in a high-bit rate transmission scheme, a high hit duration is required, and hence T = UkTb can be employed. However, if the design aims to support multiple information rates, a constant bit duration can be employed, and multi-rate transmissions are implemented by employing a different number of subcarriers. Theoretically, Q number of different information rates can be supported by changing the weight of the code C(Q, ah). As seen in Fig. 5 , after serial-to-parallel conversion each stream is direct-sequence (DS) spread, in order to form the spread, wideband signal, and this spread signal then modulates one of the selected subcarriers. A simplified D-BLAST was proposed, which used iterative PIC capitalizing on the extrinsic soft-bit information provided by the FEC scheme used.
A detection algorithm was suggested, which followed the concepts of V-BLAST or SIC The block error probability of optimally ordered V-BLAST was studied. Funhermore, the block error probability is also investigated for the case of tracking multiple parallel symbol decisions from the first detection stage, following an approach similar to that of [125].
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where P represents the transmitted power pcr subcarrier, while Uk indicates the weight of the constant-weight code currently employed bythe kth user. Furthermore, { d t : ) ( t ) } , {c!:'(t)}, { k;)} and represent the current data stream's waveforms, the DS spreading waveforms, the subcarrier frequency set and the phase angles introduced in the carrier modulation process. Let T, he the chip duration of the DS spreading waveforms and N = Tb/T,.
Then the processing gain of NP = TIT, equals to UkN or N , depending on the system's objectives, as discussed previously. Furthermore, we assume that the frequency hopping duration is Th, and that the number of data bits, Ni, = Th/T, transmitted per hop is a positive integer, which is strictly larger than I , i.e. we assume using slow frequency hopping.
Channel Description
The channel model considered in this paper is the commonly used We assume a negative exponentially decaying multipath intensity profile (MIP) given by:
where n : ) , , is the average signal strength corresponding to the first resolvable path and 9 is the rate of average power decay. Consequently, for an asynchronous CDMA system with K users, the received signal takes the form: Let the first user be the user-of-interest and consider the conventional matched filter based RAKE receiver with maximum ratio combining (MRC), as shown in Fig. 6 , where the superscript and subscript of the reference user's signal has been omitted lor notational convenience. In 
System Performance and Discussion
In this Section, the average bit error rate (BER) performance is evaluated as a function of the average signal-to-noise ratio (SNR) per bit, under the assumptions that the decision variable 2, in Eq.(6) is a Gaussian distributed variable, and the channel amplitudes (a,,r} of the reference user are iid Nakagami-m distributed variables.
To show the improvements due to diversity, We assumed that the FH patterns were designed from the constant-weight code C(32,16), there were L , = 6 resolvable paths, the number of active users was K = 50, the bit-duration to chip-duration ratio was N = 127. The MIP decay factor was q = 0 lor F i g 7 and Fig.9 , while q = 0.5 for Fig& and finally, we had m = 1 (Rayleigh fading) far Fig.7 and Fig.8 , but m = 5 (Rician fading) lor Fig.9 . From the results it is seen that the laster the MIP decays, the faster the incremental diversity imvmvement decreases. Nonethe-. . by maximum ratio combining, the better. m = 0.5, I , ' 2, 5, 10, 50. Asnotedbefore, theNakagamiparameter m represents the different fading environments, ranging from the worst-case one-sided Gaussian fading to Rayleigh, and finally to the most favourable non-fading case. We assumed that the FH patterns of each of the K = 50 users in the system employed a constant-weight code C(32,16), there were L, = 3 number of resolvable multipaths at the receiver, and the diversity order of the receiver was L = 3. Furthermore, we assumed that the number of chips per bit duration is N = 127, and the MIP decay factor was q = 0. As expected, for a given SNR per bit, the BER decreases upon increasing the value of m, which implies that the channel fading becomes less severe. The system performance is critically affected by the parameter m, ie the communication environment encountered.
In Fig.11 SFHiMC DS-CDMA systems having a constant system bandwidth associated with N Q = 2", but using various combinations ofthe number of subcarriers Q and bit-duration to chipduration ratio o f N were considered. In this system, increasing the number of subcarriers means decreasing the 'hit' probability from the interfering users and simultaneously, decreasing the direct-sequence spread bandwidth of each subcarrier. The parameters used are shown in the figure. For a constant system bandwidth, and for Lp = L = 3, we observe that, although Q and N changes over a wide range, the BER performance remains indistinguishable for relatively low SNR per bit values, (< 15dB). However, for the higher SNR per bit values, (> 2ldB), the BER performance improves with increasing N.
Since increasing the value of N means increasing the DS spread bandwidth, and resulting in decreasing the chip-duration, consequently, for a given multipath fading environment with an aver- undergoing severe fading, a number of independent channels are necessaly for their transmission, in order to enhance the performance. For thc systems considered in Fig.12 to achieve the best BER performance the receiver has to have a high diversity order. For example, for the system with N = 256 to achieve the best BER performance, the receiver has to combine all the 16 multipath signals. However, presently the implementation of such a complex receiver is impractical. Hence, in Fig.13 we considered a receiver with a maximum diversity order of L = 3, although a higher number of resolvable paths, L,, was available at the receiver. From the results we infer that the cuwe associated with Q = 64, N = 64, or L, = 4, L = 3 achieves the best BER performance.
From the results of Fig.11 to Fig.13 , we conclude that for a SFHiMC DS-CDMA system with a constant system bandwidth, provided the receiver is capable of combining a constant number of multipaths, namely L. then according to the average delay spread of the channel, the DS spread bandwidth of each sub-band can be adjusted. so that the resulting number of resolvable paths, L,, is as close to L as possible. Then the receiver can efficiently utilize the energy dispersed over the multipath components. The number of sub-bands, consequently, can be obtained by dividing the system bandwidth by the required DS spread bandwidth. 
AOFDM VERSUS ADAPTIVE MC-CDMA
System Model and AOFDM Switching Levels
Orthogonal Frequency Division Multiplex (OFDM) based multicarrier systems [3, 41 approach the theoretically highest possible 2Bd/Hz bandwidth efficiency quantified by Shannon, since they typically require only a small raised-cosine excess bandwidth for Nyquist-filtering. Hence, they are considered attractive for downlink wireless Internet services in future fourth generation (4G) systems as well as in high-speed Wireless Local AreaNetwarks known as WLANs. However, OFDM in its basic form cannot fully benefit from the multi-path diversity potential of wideband channels.
Multi-Carrier Code DivisionMultiple Access (MC-CDMA) [60] constitutes an OFDM-based frequency domain spreading technique, which exploits frequency domain diversity and constitutes an attractive multiple access scheme for employment in synchronous environments. It was reported that the synchronisation requirement of MC-CDMA is within 10% of the frame length [166] . Thus, an MC-CDMA system having the appropriate modem parameters can be used as a multiple access scheme in the down link of fixed or slowly moving terminals, where near-synchronous operation is feasible. Since MC-CDMA facilitates diversity reception similarly to a Rake receiver, the performance of single-user MC-CDMA is characterised by that of an ideal Rake receiver. In a multi-user scenario joint-detection assisted MC-CDMA employing the MMSE-BDFE [ 1671 receiver approaches the single-user performance.
When channel coding is employed in conjunction with fre- quency domain interleaving, OFDM substantially benefits from the frequency domain diversity. However, OFDM, may not be capable of exploiting the diversity potential of the channel to the same extent as MC-CDMA. Hence, it is interesting to compare the coded BERs of OFDM and MMSE-BDFE aided MC-CDMA in conjunction with concatenated turbo codes and space-timc block codes over wideband Rayleigh channels.
Various combinations of Space-Time (ST) codes and channel codes can be used for transmission over wideband fading channels [6, 1681. An attractive option is to use a half-rate turbo convolutional code concatenated to a space-time block code using two tem using no channel coding. Another approach to maintaining a high effective throughput is to use a high-rate turbo BCH code in conjunction with a ST trellis code or ST block code and a lower order modulation mode, than in case of the half-rate FEC scheme. It was reported in [6, 1681 that the former approach gives a lower BER, than the latter, Hence, we will employ a half-rate turbo convolutional code in our comparative study.
Adaptive modulation [169, 1701 attempts to provide the highest possible throughput given the current channel quality, while maintaining the required data transmission integrity. We used constant-power Adaptive Quadrature Amplitude Modulation (AQAM) 14. 51. Aeain. wideband fadine exhibits two-dimensional channel 16-QAM and 64-QAM depending on the instantaneous channel quality perceived by the receiver, according to the predetermined SNR-dependent switching thresholds. It is assumed that the perfectly estimated channel quality experienced by receiver'A is fed back to transmitter B supetimposed on the next burst transmitted to receiver B. The modulation mode switching levels of our AQAM scheme determine the average BER as well as the average throughput. A set of optimum switching thresholds was derived in [ 1761 for transmission over flat Rayleigh fading channels. However, AQAM modems employing these switching thresholds inevitably exhibit a variable average BER across the S N R range, demite aimine for a eiven tareet BER. namelv B,. In order to achieve . . ~ " quality variation, namely both time domain variation and frequency domain variation, and OFDM lends itself to exploiting these twodimensional chamel quality variations [171, 172, 3] . In other words, time domain adaptivity and frequency domain adaptivity can be simultaneously exploited in OFDM. By contrast, while providing frequency domain diversity with the aid of averaging the channel a constant target BER, while maintaining the maximum possible throughput, a new set of SNR-dependent switching thresholds was devised for the transmission over wideband channels [177, 1781. ne1 SNR increases and hence higher-throughput modulation modes can be invoked more frequently. Figure 15 also shows the 'avalanche' SNR, beyond which adaptive mode switching is abandoned in favour o f the fixed highest-order modulation mode, namely 64-QAM, since the BER of 64-QAM satisfies the target BER requirement The modulated symbol is now space-time encoded. As seen at the bonom ofFigure 14, Alamouti's space-time blockcode [179, 6] is applied across the frequency domain. A pair of the adjacent sub-carriers belonging to the same space-time encoding block is assumed to have the same channel quality. We employed a Wire- 
Uncoded Adaptive System
The simulation results for our uncoded adaptive modems are presented in Figure 16 . Since we employed the optimum switching levels. both our adaptive OFDM (AOFDM) and the adaptive single-user MC-CDMA (AMC-CDMA) modems maintain the constant target BER of up to the 'avalanche' SNR value, and then fallow the BER C U N~ of the 64-QAM mode. However, 'full-user' AMC-CDMA supporting U = 16 users with the aid of a spreading factor of G = 16 and employing the MMSE-BDFE Joint Detection (ID) receiver [I671 exhibits a slightly higher average BER, than the target of Bt = due to the residual Multi-User Interference (MUI) of the imperfect joint detector. Since we derived the optimum switching levels based on a single-user system, the BPS. The throughput degradation of 'full' user MC-CDMA was within a fraction of one dB. Observe in Figure 16(a) that the analytical and simulation results are in good agreement, which we denoted by the lines and distinct symbols, respectively.
The effects of ST coding a n the average BPS throughput are displayed in Figure 16(b) . Specifically, the thick lines represent the average BPS throughput o f our AMC-CDMA scheme, while the thin lines represent those of our AOFDM modem. The four pairs of hollow and filled markers associated with four ST-coded scenarios represent the BPS throughput versus SNR values associated with fixed-mode OFDM and fixed-mode MMSE-BDFE JD assisted MC-CDMA. Specifically, the right most markers correspond to the I-Tx / I-Rx, the second to the 2-Tx / I-Rx, the third to the I-Tx / 2-Rx and the left most to the 2-Tx / 2-Rx scenarios. First of all, we can observe that the BPS throughput curves of OFDM and single-user MC-CDMA are close to each other, namely within 1 dB for most of the SNR range. This is surprising, considering that the fixed-mode MMSE-BDFE JD assisted MC-CDMA scheme was reported to exhibit around l0dB SNR gain at a BER of over OFDM [3, 65] . This is confirmed in Figure 16 the two right most markers. These gains are nearly lOdB for fixedmade OFDM, while they are only 3dB for fined-mode MC-CDMA modems. However, the carresponding gains are less than IdB for both adaptive modems. Since the transmitter power is halved due to using two Tx antennas in the ST codec, a 3dB channel SNR penalty was already applied to the curves in Figure 16(b) . The introduction of the second receive antenna instead of the second transmit antenna eliminates this 3dB penalty. Finally, the 2-Tx / 2-Rx system gives around 3-4dB SNR gain in the context offixed-mode OFDM and a 2-3dB SNR gain for MC-CDMA, in both cases over the 1-Tx / 2-Rx system. By contrast, the gain of the 2-Tx / 2-Rx scheme over the I-Tn 12-Rx based adaptive modems was, again, less than IdB in Figure 16 (b). More importantly, for the 2-Tx / 2-Rx scenario the advantage of employing adaptive modulation vanishes, since the fixed-made MC-CDMA modem performs as well as the AMC-CDMA modem in this scenario. Moreover, the fixed-mode MC-CDMA modem still outperforms the fixed-mode OFOM modem by about 2dB. We conclude that since the diversity-order increases with the introduction of ST block codes, the channel quality variation becomes sufficiently low for the performance advantage of adaptive modems to vanish. This is achieved at the price of a higher complexity due to employing two transmitters and two receivers. 
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Turbo-Coded Fixed Modem
When channel coding is employed in the fixed-mode multi-carrier systems, it is expected that OFDM benefits more substantially from the frequency domain diversity than MC-CDMA, which benefited more than OFDM without channel coding. The simulation results depicted in Figure 17 show that the various turbo-coded fixedmode MC-CDMA systems consistently outperform OFDM. However, the SNR differences between the turbo-coded BER curves of OFDM and MC-CDMA are reduced considerably.
Turbo Coded Adaptive System
The performance of the concatenated ST block coded and turbo convolutional coded adaptive modems is depicted in Figure 18 , We applied the optimum set of switching levels designed %: !hiuncoded BER of 3 x lo-'. This uncoded target BER was obtained from the relations of the uncoded and the turbo coded BPSK modems employing the same coding parameters over AWGN channels, with the ultimate objective of obtaining a coded BER below lo-' for our adaptive modems. However, our simulation results yielded zero bit errors when transmitting 10' bits, except for some SNRs, when employing only a single antenna. when a single antenna is used. We Observe in the figure that the BER reaches its highest value around the 'avalanche' SNR point, where the adaptive modulation scheme consistently activates 64-QAM. The system is most vulnerable around this point. In order to interpret this phenomenon, let us briefly consider the associated interleaving aspects. For practical reasons we have used a fixed interleaver length of L = 3072 bits. When the instantaneous channel quality was high, the L = 3072 bits were spanning a shorter timeduration during their passage over the fading channel. Hence the channel errors appeared more bursty, than in the lower-throughput AQAM modes, which transmined the L = 3072 bits over a longer duration, hence dispersing the error bursts over a longer duration of time. The associated more random dispersion of erroneous bits enhances the coding power of the turbo code. On the other hand, in the SNR region beyond the 'avalanche' SNR point the system exhibited a lower uncoded BER, reducing the coded BER even further. This observation suggests that further research ought to determine the set of switching thresholds for a coded adaptive system.
We can also observe that the turbo coded BER of AOFDM is higher than that of AMC-CDMA in the SNR rage of 10-20dB, even though the uncoded BER is the same. This appears to be the effect of the limited exploitation of frequency domain diversity in coded OFDM, compared to MC-CDMA, which leads to a more bursty uncoded error distribution, hence degrading the turbo coded performance. The fact that ST block coding aided multiple antenna systems show virtually error free performance corroborates our argument. Figure 18 (b) compares the throughputs of the coded adaptive modems and the uncoded adaptive modems exhibiting a comparable average BER. The SNR gains due to channel coding were in the range of OdB to 8dB depending on the SNR region and the employed scenarios. Each bundle of throughput curves corresponds to the scenarios of I-Txil-Rx OFDM, I-Tdl-Rx MC-CDMA, 2-Tdl-Rx OFDM, 2-Tdl-Rx MC-CDMA, I-Txl2-Rx OFDM, I-Txl2-Rx MC-CDMA, 2-Txi2-Rx OFDM and 2-Td2-Rx MC-CDMA starting from the far right C U N~ far the throughput values higher than 0.5 BPS. The SNR difference between the throughput curves of the ST and turbo coded AOFDM and those of the corresponding AMC-CDMA schemes was reduced compared to the uncoded performance curves of Figure 16(b) . The SNR gain owing to ST block coding in the content of AOFDM and AMC-CDMA was limited to about IdB due to the halved transmitter power. Therefore, again, ST block coding appears to be less effective for adaptive modems. Figure IS(=) shows the BER of our turbo coded adaptive modems,
CONCLUSION
Following a historical perspective an multi-carrier communications. the achievable performance of slow frequency-hopped MC-CDMA was characterised, followed by a quantitative discussion on the performance of AOFDM and frequency-domain spreading aided adaptive MC-CDMA assisted by turbo coding and space-time block coding.
More explicitly, the performance of ST block coded constantpower adaptive multi-carrier modems employing optimum SNRdependent modem mode switching levels was investigated. The adaptive modems maintained the constant target BER, whilst maximising the average throughput. AS expected, it was found that ST block coding reduces the relative performance advantage of adaptive modulation, since it increases the diversity order and eventually reduces the channel quality variations. When turbo convolutional coding was concatenated to the ST block codes, near-errorrree transmission was achieved at the expense of the halving the average throughput. Compared to the uncoded system, the turbo coded system was capable of achieving higher throughput in the low SNR region at the cost of higher complexity. The study of the relationship between the uncoded BER and the corresponding coded BER showed that adaptive modems obtain higher coding gains, than that of fixed modems. This was due to the fact that the adaptive modem avoids burst errors even in deep channel fades by reducing the number of bits per modulated symbol eventually to zero.
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